ジカン シュウハスウ ヒョウゲン ノ ヒョウホンカ カラ オンセイ ノ ブンセキ ヘンカン ゴウセイ オ カンガエル ジカン シュウハスウ カイセキ ノ リロン ト ソノ リコウガクテキ オウヨウ by 河原, 英紀
Title時間周波数表現の標本化から音声の分析変換合成を考える (時間周波数解析の理論とその理工学的応用)
Author(s)河原, 英紀




Type Departmental Bulletin Paper
Textversionpublisher
Kyoto University
Speech analysis, modification and synthesis in
terms of sampling time-frequency representations



















1803 2012 12-25 12
$\ovalbox{\tt\small REJECT}_{-\infty}^{0}9^{-40}F_{:^{-10}}^{h^{-30}}-w-20$
$: ^{}-30|_{-\infty}^{-50}A0-20-100$
1: 2 ( ) ( )
)
2.1
$( P(\omega, t)$ )




























( ) EGG ( )








































































$x(t)$ Hilbert $x\in H$ $\langle\rangle$ $L_{2^{-}}$
$\varphi_{1}$ $\varphi_{1}$
$c_{1}$ ( )
$c_{1}(k)=\langle x,$ $\varphi_{1}(t k)\rangle$ (4)




$V( \varphi_{2})=\{s(t)=\sum_{k\in Z}c(k)\varphi_{2}(t k)$ $:c\in l_{2}\}$ (5)
6 $Q$
( )
$a_{12}(k)=\langle\varphi_{1}(t k),$ $\varphi_{2}(t)\rangle$ (6)
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: $x\in H$ $m$
$|A_{12}(e^{j\omega})|\geq m$ $x$ $V(\varphi_{2})$
$\forall x\in H,$ $c_{1}(k)=\langle x,$ $\varphi_{1}(t k)\rangle=\langle\tilde{x},$ $\varphi_{1}(t k)\rangle$ (7)
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$P_{T}(\omega, t)$ $P_{TST}(\omega, t)$ ( STRAIGHT
)
$P_{TST}(\omega)=\exp \mathcal{F}1[g_{1}(\tau)g_{2}(\tau)C_{T}(\tau)]$ (11)
where $g_{1}(\tau)=\tilde{q}_{0}+2\tilde{q}_{1}\cos$ $\frac{2\pi\tau}{T_{0}}$ (12)
$g_{2}( \tau)=\frac{\sin(\pi f_{0}\tau)}{\pi f_{0}\tau}=\mathcal{F}[h_{2}(\omega)]$ , (13)
$h_{2}(\omega)=\{\begin{array}{l}0 |\omega| \frac{\omega}{2}\alpha\frac{1}{\omega_{0}} otherwise\end{array}$ (14)
$C_{T}( \tau)=\int_{\infty}^{\infty}\log(P_{T}(\omega, t))e^{j\omega\tau}d\omega$ , (15)
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$\mathcal{F}$ Fourier $\tilde{q}_{0}$ $\tilde{q}_{1}$ (10) $q_{0}$ $q_{1}$
[15]
(15) Fourier cepstrum $(spec-$
trum ) [16] cepstrum
$\tau$ $\tau$ quefrency ( frequency
) $g_{1}(\tau)$ $q_{2}(\tau)$ cepstrum
lifter( lter )





$\theta:’:^{i}:\not\in_{\phi}^{u_{\Psi}}\psi_{\aleph}^{\dot{\Psi}}k\#^{n’};\cdot\hat{\dot{\ovalbox{\tt\small REJECT}}}_{*J:}^{\delta_{\dot{\triangleright}}}\phi_{A*:}^{=}:_{\sim:\tau}^{!}\wedge\mu_{\grave{b}_{\grave{v}}}\Re_{\check{e}}y_{1}.m\circ r|\check{\dot{\mathfrak{s}}}\mathfrak{R}^{t}0{\}\dot{\ovalbox{\tt\small REJECT}}^{:.:}\prime\prime^{\backslash _{arrow\dot{5}^{4}}}.\hat{\dot{\ovalbox{\tt\small REJECT}}}_{\ddot{{\}}}*.i.\dot{t}:^{\dot{3}}a_{\wedge,.\infty(\infty r\alpha’}^{:.\cdot}=..$
$-$
$\cdot,$ $\cdot=.$
$|.1^{J}K\Im(\zeta\dot{X}\cdot W_{\backslash .z^{-},--}^{\backslash \Gamma\backslash }$
–
10: ( ) vmorish’09 $[20]$ ( )
[21]


























compressive sampling [33]( compressed sensing [34])
[35]
[1] C. E. Shannon. Communication in the presence of noise. Proc. IRE, Vol. 37, pp.
10-21, 1949.
[2] Michael Unser. Sampling-50 years after Shannon. Proceedings of the IEEE, Vol. 88,
No. 4, pp. 569-587, 2000.
[3] Y. C. Elder and T. Michaeli. Beyond bandlimited sampling. IEEE Signal Processing
Magazine, pp. 48-68, May 2009.
[4] H. Ogawa. $A$ uni ed approach to generalized sampling theorems. ICASSP1986, pp.
1657-1660, 1986.
23
[5] Homer Dudley. Remaking speech. The Journal of the Acoustical Society of Ameri $ca,$
Vol. 11, No. 2, pp. 169-177, 1939.
[6] H. Kawahara, I. Masuda-Katsuse, and A. de Cheveign\’e. Restructuring speech rep-
resentations using a pitch-adaptive time-frequency smoothing and an instantaneous-
frequency-based $FO$ extraction. Speech Communication, Vol. 27, No. 3-4, pp. 187-207,
1999.
[7] H. Kawahara, M. Morise, T. Takahashi, R. Nisimura, T. Irino, and H. Banno. $A$
temporally stable power spectral representation for periodic signals and applications
to interference-free spectrum, $FO$ and aperiodicity estimation. In Proc. ICASSP 2008,
pp. 3933-3936. IEEE, 2008.
[8] W. Koenig, H. K. Dunn, and L. Y. Lacey. The sound spectrograph. J. Acoust. Soc.
Am., Vol. 18, pp. 19-49, 1946.
[9] Alan V. Oppenheim. Speech spectrograms using the fast fourier transform. Spectrum,
IEEE, Vol. 7, No. 8, pp. 57-62, aug. 1970.
[10] D. G. Childers, D. M. Hicks, G. P. Moore, and Y. A. Alsaka. $A$ model for vocal
fold vibratory motion, contact arean and the electroglottogram. J. Acoust. Soc. Am.,
Vol. 80, No. 5, pp. 1309-1320, 1986.
[11] H. Kawahara and M. Morise. Technical foundations of TANDEM-STRAIGHT, a
speech analysis, modi cation and synthesis framework. SADHANA -Academy Pro-
ceedings in Engineering Sciences, Vol. 36, No. 5, pp. 713-722, 2011.
[12]
D, Vol. J90-$D$ , No. 12, pp.
3265-3267 2007.
[13] F. J. Harris. On the use of windows for harmonic analysis with the discrete Fourier
transform. Proceedings of the IEEE, Vol. 66, No. 1, pp. 51-83, 1978.
[14] M. Unser and A. Aldroubi. $A$ general sampling theory for nonideal acquisition devices.
IEEE Trans. Signal Processing, Vol. 42, No. 11, pp. 2915-2925, 1994.
[15]
D, Vol. D-II-J83, No. 11, pp.
2077-2086, 2000.
[16] A. M. Noll. Cepstrum pitch determination. J. Acoust. Soc. Am., Vol. 41, pp. 293-309,
February 1967.
[17] $FO$




No. 6, pp. 457-462, 2011.
[19] $FM$ $AM$
Vol. 41, No. 9, pp. 679-684, 2011.
24
[20] M. Morise, M. Onishi, H. Kawahara, and H. Katayose. v.morish’09: $A$ morphing-
based singing design interface for vocal melodies. Entertainment $Computing-ICEC$
2009, pp. 185-190, 2009.
[$21J$ ( ), ( )
4-82005.
[22] Vocoder - straight
-. Vol. 63, No. 8, pp. 442-449, 2007.
[23] Hideki Kawahara and Hisami Matsui. Auditory morphing based on an elastic percep-
tual distance metric in an interference-free time-frequency representation. In Proc.
2003 IEEE International Conference on Acoustics, Speech, and Signal Processing
(ICASSP 2003), Vol. $I$ , pp. 256-259, Hong Kong, 2003.
[24] H. Kawahara, R. Nisimura, T. Irino, M. Morise, T. Takahashi, and H. Banno. Tem-
porally variable multi-aspect auditory morphing enabling extrapolation without ob-
jective and perceptual breakdown. In Proc. ICASSP 2009, pp. 3905-3908, 2009.
[25] Stefan R. Schweinberger, Christoph Casper, Nadine Hauthal, Juergen M. Kaufmann,
Hideki Kawahara, Nadine Kloth, and David M.C. Robertson. Auditory adaptation
in voice perception. Current Biology, Vol. 18, pp. 684-688, 2008.
[26] L. Bruckert, P. Bestelmeyer, M. Latinus, J. Rouger, I. Charest, G.A. Rousselet,
H. Kawahara, and P. Belin. Vocal attractiveness increases by averaging. Current
Biology, Vol. 20, No. 2, pp. 116-120, 2010.
[27]
Vol. 48, No. 12,
pp. 3637-3648, 2007.
[28] http: //www.wakayama-u.ac.$jp/\sim$kawahara/Miraikandemo$/st$raightMorph.swf.
[29] H. Zen, K. Tokuda, and A.W. Black. Statistical parametric speech synthesis. Speech
Communication, Vol. 51, No. 11, pp. 1039-1064, 2009.
[30] T. Toda, A.W. Black, and K. Tokuda. Voice conversion based on maximum-likelihood
estimation of spectral parameter trajectory. Audio, Speech, and Language Processing,
IEEE Transactions on, Vol. 15, No. 8, pp. 2222-2235, 2007.
[31] Google scholar: http://scholar.google.com/.
[32] http: $//www$.wakayama-u.ac.$jp/\sim kawahara/$STRAIGHTadv$/index_{-}j$ . html.
[33] Emmanuel J. Cand\‘es. Compressive sampling. In Proc. International Congress of
Mathematicians, Vol. 3, pp. 1434-1452, 2006.
[34] D.L. Donoho. Compressed sensing. Information Theory, IEEE Transactions on,
Vol. 52, No. 4, pp. 1289-1306, apri12006.
[35] 2OO7.
25
